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Abstract— As the Inter net evolvesinto a ubiquitous communication in-
frastructur e and providesvarious sewvicesincluding telephony; it will be ex-
pectedto stand up to the toll quality standardssetby traditional telephone
companies. Our objective in this paper is to assesgo what extent today’s
Inter net is meetingthis expectation. Our assessmenis basedon delay and
lossmeasurementstaken over wide-area backbonenetworks, considersre-
alistic VolP scenariosand usesquality measuesappropriate for voice. Our
findings indicate that although voicesewicescan be adequatelyprovided by
somelSPs,a significant number of pathsleadto poor performance even for
excellentVolP end-systems.This makesa strong casefor specialhandling
of voicetraffic on thosepaths. Even on the good paths, rar e losseventscan
occasionallycauseperceptible degradation of voice quality. Finally, the ap-
propriate choiceof the playout buffer schemefor eachpath wasfound to be
of critical importance for the perceived quality.

|. INTRODUCTION

The Internetis evolving into a universalcommunicatiomet-
work andit is contemplatedhatit will carryall typesof traffic,
including voice, video and data. Among them, telephoty is an
applicationof greatimportance particularlybecausef the sig-
nificantrevenueit cangenerateln orderfor thenternetto con-
stituteanattractve alternatve to the traditionalPublic Switched
TelephoneNetwork (PSTN),it mustprovide high quality“Voice
overIP” (VolP) services Our mainobjective is to asses$o what
extent today's Internetstandsup to thesetoll-quality expecta-
tions. In the processwe identify thoseaspectshatmayleadto
poorvoice quality.

Ourapproachn addressinghis problemhasthreemainchar
acteristics.First, we usedelayandlossmeasurementsollected
by sendingprobesbetweenmeasurementacilities at five dif-
ferentUS cities, connectedo the backbonenetworks of seven
differentproviders. Thesemeasurementsorrespondo a large
numberof paths(43 in total) and a long period of time (2.5
days)andthey arerich enoughto capturethe behaior of Inter-
net backbones.Secondwe useappropriatevoice quality mea-

suresthat take into accountvarioustransmissionimpairments.

For this purposewe compileinto a singlemodelthe resultsof
several studiesconductedfor specificimpairmentsand we de-
velop a methodologyfor rating calls. Finally, we take into ac-
counttheeffect of thedifferentcomponent®f the VolP system,
with emphasigplacedon the playbackbuffer component.
Although this study is limited to an assessmentf Internet
backbonesthe resultsobtainedare very useful. Indeed,back-
bonenetworks are animportantpart of the end-to-endpath (i)
for long distanceVolP calls and (ii) for calls thatare serviced
by a combinationof a switchedtelephonenetwork in the local
areaand Internetbackbonedgor the long haul. Although back-
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bonenetworksareusuallyoverprovisionedandcausenegligible
degradatiorto datatraffic, our studyshowvsthatthisis notalways
the casefor voicetraffic.

Indeedalargenumberof the pathsperformedpoorlyfor VolP
traffic, mainly dueto high delayandlarge delayvariability that
hurt voice much more than datatraffic. Furthermorejf more
stringentcommunicatiorrequirementssuchasinteractvity lev-
els suitedfor businesscorversationsare imposed,thesepaths
becometotally unacceptabléor telepholy use. Pathswith low
delayandlow delayvariability exhibit in generalexcellentper
formanceandareappropriateor telepholty use.However, even
thosenetworksexperienceoccasionallyjong periodsof lossthat
canaffectvoice corversations.

As farastheVolIP systemis concernedwe considetbothfixed
andadaptve playbackbuffer schemesln bothcasesweidentify
atradeof in quality degradatiorbetweerdatalossandincreased
delayin thebuffer, leadingto anappropriatechoicefor theplay-
backdelaythattakesinto accounthis tradeof. With regardsto
adaptve playbackschemeswe find thatthey canadaptto slowly
varyingdelaysbut not to all the delayspikesthathave beenob-
senedin themeasurements$:urthermoretheproblemof tuning
the parametersf the adaptve schemeso the delaycharacteris-
tics experiencedn differentpathsis notan easyoneto solve.

The paperis organizedasfollows. Sectionll describeghe
componentof the VoIP systemunderevaluation. Sectionlll
presentshequality measuresisedfor assessintheimpairments
over the network andour methodologyfor ratingacall. In Sec-
tion IV we describethe probe measurementand classify the
tracesinto categoriesaccordingto their delay andlosscharac-
teristics. In SectionV we apply our methodologyto thetraces,
we obtainanddiscusszumericalresultspertainingto phonecalls
quality. SectionVI concludeghe paper

Il. VOIP SYSTEM

In this sectionwe considerthe VoIP system shown in Fig. 1,
we identify anddiscussts components.

The first components the encoder which periodically sam-
plesthe original voice sighalandassignsa (usuallyfixed) num-
ber of bits to eachsample,creatinga constantbit rate stream.
The traditional sample-base@ncoderG.711 usesPulse Code
Modulation (PCM) to generate8 bits samplesper 0.125 ms,
leadingto adatarateof 64 Kbps. In the samefamily of sample-
basedencodersi.726usesADPCM to achieve 16-40Kbps. Re-
centframe-base@ncodersprovide drasticratereduction(i.e. 8
Kbpsfor G.729,5.3and6.4Kbpsfor G.723.1)at the expenseof
additionalcompleity andencodingdelayaswell aslower qual-
ity.

Furtherreductionin the dataratecanbe achiesedif no signal
is encodedduring silenceperiods,a techniqueknown asVoice
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Activity Detection(VAD). It is known that speechcanbe mod-
eledasa procesghatalternatedetweentalkspurtsandsilences
thatfollow exponentialdistributionswith ameanof 1.2and1.8
secrespectiely, [1]. However, VAD systemgendto elongate
thetalkspurtsby aperiodcalledthehangwertime,[11]. For the
purposeof our simulations,we considerexponentialdurations
with ameanof 1.5sedor bothtalkspurtsandsilencessimilarly
to [16], [17].

The packetizer followstheencodemandencapsulatea certain
numberof speechsamples(for G.711)or a certainnumberof
frames(for G.729,G.723)into pacletsof equalsizesandadds
the RTP header(12B). We alsotake into accountthe UDP (8),
IP (20B) andDataLink headers.

As the voice paclets are sentover an IP network, they are
subjectto variabledelaysandnetwork drops.

An importantcomponenttthereceving end,is the playback
buffer whosepurposés to absorbvariationsin delayandprovide
a smoothplayout. This is achieved by holding arriving paclets
until alaterplayouttime in orderto ensureghatthereareenough
pacletsbufferedto be playedout continuously Any paclet ar-
riving after its scheduledplayout time is discarded. Clearly,
thereexists a trade-of betweendelay andloss. The playback
buffer may operatein oneof two modes:fixedor adaptie.

A fixedschemescheduleshe playoutof a pacletafterafixed
(network and buffering) delay from its sendingtime, the same
for all paclets. Thevalueof thisfixeddelayis importantin order
to avoid eitherunnecessarilgelayingor droppingof paclets. It
shouldbe choserbasedon someknowledgeof thedelayon the
path. However, suchan assessmennay not always be possi-
ble or the statisticsof the network delayitself may changewith
time. In addition, a fixed playbackschemeneedssynchroniza-
tion betweenthe sourceandthe recever in orderto guarantee
thechoserend-to-endixeddelay

For thesereasonsgextensive work, [25], [23],[21], is being
conductedbn adaptve playoutschemeshat dynamicallyadapt
the playouttime to closelyfollow the variationsin network de-
lays. How oftenonemightneedto adaptdepend®n how fastthe
delaycharacteristicehangeon the path. A simpleyet effective
scheméhasbeenstudiedin [25]; it decreasebothdelayandloss
by adaptingatashorttime scale hamelyatthebeginningof each
talkspurt. A moresophisticatedchemehat adjuststhe playout
ratein themiddle of atalkspurtwithouttheuserperceving it, is
describedn [21].

In our studywe consideredoth fixed andadaptve schemes.
A fixed schemeawith anappropriatechoiceof delayis usefulas
abenchmarkor theassessmemf a path. We alsoimplemented
the adaptve schemegproposedn [25], andwe usedthe “spike-
detection”asour baselinescheme.This algorithmlearnsfrom

the delayexperiencedby previous paclets,updateshe moving

averagesof the meand,,,, andthe standarddeviation v of net-
work delay andadaptghe playouttime atthe beginning of each
talkspurtto bep = d,,, + 4v. It alsoperformsdelayspike detec-
tion andadaptsfasterto the network delayswithin a spike. We
usedthe default parameter®f [25] and 30 ms asthe delay of

thefirst paclet, the nominalvalueusedin [2]. We did not allow

decreasén the playouttime of atalkspurtthatwould overwrite
alreadybufferedtalkspurts.The objective of this paperis notto

designanew playbackschemeor to exhaustvely evaluateall ex-

isting ones,but it is insteadto userealisticschemesgo evaluate
VolIP performance.

The playout buffer delivers a continuousstreamof paclets
to the depacketizer andeventuallyto the decoder which recon-
structsthe speechsignal. Decodersoften implement Packet
LossConcealmen(PLC) thatproducesareplacementor alost
paclet, similar to the original one,by filling in silenceor noise,
by interpolatingor evenby regeneratinghe packetfrom thesur
roundingones.Errorconcealmentvorksbestfor smalllossrates
anddurations.Thereadeiis referredto [24] for detailson paclet
lossrecovery techniquegor streamingaudioin general

Eachof the above componentsalongthe path of the pacle-
tized voice, may introducedelay andloss. The component®of
the end-to-enddelay are the following (i) encodingand pack-
etizationdelay at the sender(ii) propagationtransmissiorand
gueuingdelayin the network and (iii) buffering and decoding
delayattherecever. Distortionof the original voice signalmay
occur: (i) atthelow rateencoder(ii) in the network dueto loss
andfinally (iii) atthereceverduetodropsin theplaybackbuffer.

Anotherimportantimpairment,omitted for simplicity from
Fig. 1, is echo, the reflectionof the participants’signals,per
ceived as delayedand attenuatedrersionsof their own voices.
The largerthe end-to-enddelay the moreannging is the echo.
Although one might at first think that echocannothappenin a
pacletizedvoicesystemyeflectionamayindeedhapper(i) atthe
four-to-two wires hybrid connectiorbetweenra pacletanda cir-
cuit switchednetwork and(ii) atthe PCend-pointwhenthe mi-
crophonepicksuptheremotepersonsvoicefrom thespealeras
well asmultiple reflectionsin theroomandbounceghemback.
Both typesof echocanbe controlledby an EchoCancellerthat
shouldbelocatedascloseto the sourceof echoaspossible.The
readeris referredto [20] and[29] for moredetails.

I11. VOIP QUALITY ASSESSMENT METHODOLOGY

With our end-goabeingthe assessmentf VolP performance
over today’s Internet,we first needto choosequality measures
relevant to voice traffic. Thereare several sourcesof impair
ments,identifiedin Sectionll. Network performances usually
presentedn termsof delayandlossstatistics.However, the ul-
timatejudgefor the quality of a phonecorversationis the user
andthe mostappropriatequality measurés the users opinion.
A commonlyusedsubjectve metricis the Mean Opinion Score
(MOS), i.e. the averageof ratingson a scalefrom 1 to 5, given

1 Although not evaluatedin our study it is worth mentioningthat actualau-
dio tools, suchas [28], may include additional error resiliengy mechanisms.
Thesemayincludetransmissiorof layeredor redundan{FEC)audio,interlea-
ing framesin pacletization retransmissiongommunicatiorbetweersendeand
recever in orderto switchencoder®r datarates.
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by individualsunderstandardizedonditions.

Numerousstudiesover the lastdecadesiave performedsub-
jective teststo quantify the effect of individual impairmentson
conversationquality. They mapsomemeasurablexpressionof
loss([11], [3], [7], [30]) or delay([19]and[15]) to asingleMOS
rating,by meanof statisticalanalysisof subjectve testsresults.
In Subsectionll-A, we combinethedataprovidedby theabove
studiesusingthe Emodelcomputationamodel,[12][13][14], to
geta single MOS rating for a speechsggment. In the process,
we confirmthe consisteng amongthe resultsof thesedifferent
studiesandthustheir validity. In Subsectiorll-B, we combine
recentstudies,[9], [10], [4], [5],[6], to develop a methodology
to rate an entire voice call, consistingof multiple shortspeech
sggments.

A. VOICE QUALITY MEASURES

The Emodelis a computationamodel,standardizedby 1TU-
T in [12][13][14], that usestransmissiorparameterso predict
the subjectve quality of paclketizedvoice. We useit to combine
individualdelayandlossimpairmentsnto asinglerating R ona
scalefrom 0 to 100, which canbefurthertranslatednto M OS.
User satishction, and the corresponding? and M OS ranges,
are shawvn in Fig. 2. The operationalrangefor PSTN voice
quality corresponddo MOS > 3.6. The desirablerangeof
operatiorfor toll qualityis MOS > 4.

The Emodel combinesdifferent impairmentsbasedon the
principle that the perceved effect of impairmentsis additive,
whencorvertedto the appropriatgpsycho-acoustiscale(R).

R=(R,—I;))-I;—-I.+A(1)

The detailsof equation(1) areasfollows. Both Ro (effect of
noise)and/s (accountingor loud connectiorandquantization)
termsareintrinsic to the voice signalitself and do not depend
on the transmissiorover the network. Thus,they areirrelevant
for the purposeof comparingVolP to PSTNcalls. I; and I,
capturethe effect of delayandsignaldistortionrespectiely and
they arediscussedbelow, in aseparatsubsectiorrach.A stands
for theadvantagdactorthatcaptureghefactthatusersmightbe
willing to acceptsomedegradationin quality in returnfor the
easeof accessg.g. usingcellular or satellite phone. For the
purposeof comparisorto PSTNcalls, this factoris setto 0.

A.1 Delayimpairmentl,.

The I; factormodelsthe quality degradationdueto one-way
or “mouth-to-ear’(m2e)delay Id can be further broken into
threeterms:

I; = Iy (m2e, ELQ) + Ige (mZe, ELl) + Idd(m2e) (2)

The terms I.(m2e,ELs) and Ig.(m2e, ELy) capture
the impairmentsdue to talker and listener echo respectiely.
EL,, EL, arethe echolossesin dB atthe pointsof reflection
andtheirvaluedepend®ntheechocancellatiorused.EL = oo
(infinite echo loss) correspondgo perfect echo cancellation.
EL = 51dB correspondgo a simple yet efficient echocon-
troller. The third term I;4(m2e) captureshe interactiity im-
pairmentwhenthe m2edelay is large, even with perfectecho
cancellation.Indeed,large m2e delay may leadto “collisions”
when participantstalk in the sametime, or may force themto
take turnsandthustake longerto completethe corversation(2)
is alsoin accordancewith ITU recommendatiorG.114,[15],
which provides specificationsfor one-way transmissiortime.
Accordingto (2), m2e delaysbelonv 150 ms shouldnot affect
interactvity, a claim thatmotivatedusto furtherinvestigatethis
point. Thereis indeeda dimensionthatis not capturedby (2),
thatof thedifferentmodesof corversatioror “tasks”.

“Tasks”aredefinedin [19] to be typesof corversationwith
differentswitchingspeedandthusdifferentsensitvity to delay
For examplea businessall mightinvolve shortermessageand
higherspeedn switchingamongparticipantsthana socialcall.
Thefactthatthe Emodeldoesnot accountfor tasks,mpliesthat
the I; curvesprovided hold for the averageof all tasksusedin
subjectye tests. [19] assumed L = oo andstudiesthe effect
of delayon six typesof tasks. The moststringentoneis “Task
1", wherepeopletake turnsreadingrandomnumbersasquickly
aspossible.On the otherextreme,“Task6” is the mostrelaxed
type, free corversation. Businesscalls are morelikely to have
the stringentrequirement®f thefirst tasks.

We take into accountthe dataprovided by [19] in evaluating
the lossof interactvity. We usethe echoimpairmenttermsas
provided by the Emodel. The combinedcurves,? that capture
thetotal delayimpairment,areshavn in Fig. 3.

A.2 Lossimpairment/e

The Ie termin equation(2), calledthe “Special Equipment
Impairmentfactor” in the context of Emodel,captureshe dis-
tortion of the original voice signal due to low-rate codec,and
paclet lossin boththe network andthe playbackbuffer. Table
| givesthe intrinsic quality, andthusthe I, in the absenceof
pacletloss,for variousencodersG.711startsat the highestin-
trinsic quality (94.3). Modernencodingschemessuchasthose
usedby G.729andG.723.1,achieve highercompressiorat the
expenseof lowerintrinsic quality, which makesthemlesstolera-
bleto lossduringtheirtransmissionThedistortionasafunction
of paclet loss also dependson whetheror not PLC is imple-
mented. Roughly speaking the impairmentincreasedy about

2The delay impairmentcurves shav I; > 0 evenin the [0, 150ms] range
whereit is usuallyshavn to be 0, [12],[15],[29]. This is becauseave preferred
to linearly interpolateamongthe datapoints provided by [19] and be on the
conserative side,thanto assumeld = 0 over thatrange. This interpolation
might be above thereal I; at mostby 10 pointsin the R-scalewhich is small
aryway.
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TABLE |
STANDARD ENCODERS, WITH KNOWN I¢

Standard Codec Rate I, Rinir
type (Kbps) | (loss=0)

G.711 PCM 64 0 94.3

G.729 | CS-ACELP 8 10 84.3

G.723.1| ACELP 5.3 19 75.3

G.723.1| MP-MLQ 6.3 15 79.3

4 unitsin the R scaleper 1% paclet lossfor codecswith PLC
andby 25 unitsfor codecswithout PLC. However, sometype of
pacletlossconcealmenfPLC)is acommonpracticetoday;it is
built-in in G.723.1,andG.729andit canbeaddedfor G.711.

Fig. 4 shovshow the I, impairmentincreasesvith the paclet
lossratefor differentcodecs paclet sizesandPLC techniques.
The curves provided by the Emodelare shovn in solid lines.
Thefollowing pacletizationis considereda G.711packet con-
tains10ms of speech;a G.729-A paclet containstwo frames
(10 ms each);a G.723.1-Apacket containsone frame (30 ms).
All the curves,but one,assumauniform paclet loss. The curve
for bursty lossis basedon the AT&T contrikbution [3], which
usedatwo-stateburstylossmodelanda maximumlossduration
of 100ms. We areparticularlyinterestedn theburstylosswhich
is thecasein thenternettraces.

In additionto theabove curves,we consideresultsfrom other
studiedfor the purposeof checkingthevalidity of theEmodell,
curvesaswell asincreasingour evaluationoptions.Resultscon-
cerningG.711canbefoundin [3], [11], [7]; resultson G.723.1
canbefoundin [30].

CoxandPerkinsin [3], studiedthe effect of bothuniform and
burstyframeerasureon G.711with FrameErasureConcealment
andaframeof 10 ms. Later, their studyevolvedinto theEmodel
curvesfor G.711. Also, the ETSI Tiphon project,[8], collected
contritutionsof subjectve resultsonthe effect of IP pacletloss,
delayandecho,whicharenotall includedin [14]. Earlyon[11],
Gruberapplieduniform loss (of variousratesanddurations)on
PCM speectandobtainedMOS ratings. Thoseresultsarecom-
parableto theEmodelcurvefor G.711without PLC. We corvert
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Fig. 4. Lossimpairment(.) asafunctionof thepacletlossrate. Parameterso
be specifiedfor eachcurwe: (i) StandardG.711,G.729-A,G.723.1-A)(ii)
speechdurationin onepaclet (i) useof PLC (iv) sourceof data(Emodel
[13], Gruber[10], Voran[26], Cox & Perkins[21]).

the MOS ratingsfrom [11] for lossdurationsof 10 msinto I,
impairmentswe plot themin dottedline on Fig. 4 andwe con-
firm thatthey agreewith the I, providedby theEmodel.Results
from [11] for longerlossdurationg16 ms, 64 ms, 256 ms) and
ratesfrom 0.5 to 20% shav hugelossimpairmentsecausehey
areobtainedwithout PLC, which is an unrealisticchoicein the
context of today’s VolIP.

In [30], Voranappliedvariousimpairmentgvariousratesdu-
rations and types of temporaldiscontinuities)on G.723.1en-
codedspeechwith VAD andPLC, a frameof 30msanda rate
of 5.3Kbps.We translatehe degradationin MOS into alossim-
pairmentvalueI,. First, we plot this Ie for G.723.1and30ms
in Fig. 4 andwe obsenre thatit quantitatvely agreeswith the
Emodelcurve, for thelossratesrangeof [0, 4%]. The smallde-
viation is dueto the differentencodingschemesonsideredor
G.723.1by the Emodel(MP-MLQ) andby [30](ACELP),thus
thesmalldifferencen intrinsic quality. Secondwe translatehe
MOS valuesprovided by [30] for 30 ms, 60ms and 120ms
gapdurationsjnto theequialentl, ratings,andwe plot themin
dashedine in Fig. 4.

B. VoIP call quality

The previous subsectiorprovides a rating for a segmentof
pacletizedspeechthatincurreda certainpacletlossanddelay
This is appropriatefor rating short speechsamplesike those
usedin the subjectve teststhatled to the above curves, i.e. in
theorderof afew seconddor I, andin theorderof 1 min for 1.
However, this approachs not applicableto entire phonecalls,
lastingseveralminutes.Calculatingtheaveragdossrateandthe
averagedelayovertheentirephonecallwould only give arough
estimate.

A naturalapproaclhis to dividethecall durationinto fixedtime
intervals and assesshe quality of eachinterval independently
usingthe I; and I, curvesof Subsectionll-A. Independent
MOS(t) rating of eachshortinterval ¢ hasbeenshawn in [9]
to correlatewell with the continuousnstantaneougating of the
call. Evaluatingeachinterval in termsof I, leadsto transitions
betweerplateauf quality, asshavn in dashedine in Fig. 5.
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However, transitionsbetweenhigh andlow loss periodsare
percevedwith somedelayby thelistener asopposedo abrupt
changesbetweenplateaus. For examplein Fig. 5, a human
would perceve andratethe changesn quality usingthe smooth
solid line insteadof the dashedne. Therefore,a modelmoni-
toring quality overtime shouldtake into accountime constants.
[10] demonstratethis “receng effect” andnoticedthatit takes
longerfor asubjectto forgettransitiongo badthanto goodqual-
ity. Instantaneouslgercevedl, is consideredby [4] to corverge
towardthe I, (loss) for agapor burst, following anexponential
curve with time constantsT,; = 5 sec for the high loss and
Ty00a = 15 sec for thelow lossperiods.

In addition, thereis no guaranteahatthe assumptiorof uni-
form loss,underlyingthe I, curves,holdsfor Internettraces.To
appropriatelyhandlethe burstinessin paclet loss, [4] and [7]
proposedheuseof variablelengthintervalsto calculatel, over
them.More specifically they definedhigh andlow lossperiods,
called “bursts” and “gaps” respectiely.> The useof variable
intervals appropriatelyaddressethe burstinessn the following
ways.First,thelossduringgapsis enforcedo beuniformby the
definition of a gap. As for the burst periods,we decidedto use
thecurve of Fig. 4 for burstyloss. Secondpy dynamicallypar
titioning eachtraceinto its own gapsandbursts,we emphasize
the periodsof high loss,asopposedo calculatingthe lossrates
over arbitrarily long intervalsandsmoothingthemout.

It hasalsobeenshown, [9], thattheratinganindividualwould
giveattheendof acall is capturedatafirst approximatiorby the
time averageof the instantaneouslperceved MOS. [4] further
adjusteahefinal ratingto includetheeffectof thelastsignificant
burstanddemonstratedoodcorrelationwith subjective results,
[5], [6]. Notice hawever, that an individual might forgetsome
badmomentsin the middle of the call, thata network provider
might be interestedn monitoring and eliminating. Therefore,
in our assessmendf an entire call, we usenot only the rating
describedn [4] to simulatethe opinionof anindividual, but also
theworstquality experiencedduringacall, in orderto highlight
badevents.

In summary our approachfor rating an entirecall is the fol-

3More specifically if thenumberof consecutie receved pacletsbetweertwo
successie losseds lessthana minimumvalue g,,,;,, , thenthe sequencef the
two lost paclets and the intervening receved paclets is regardedas part of a
burst; otherwise partof a gap. We useg,,;, = 64 packets which resultsin
gapsandburstsof meaningfuldurationsin the orderof 0.5-1 sec,and matches
well thelosspatterndn ourtraces.

lowing. We usethe ideaof burstsandgapsfrom [4] and[7] to

addresghe burstiness However (i) we avoid the computational
simplificationsusedin [4] to decreaséhe processingime and
provide an online serviceand (ii) we usethe bursty losscurve

for the high lossperiods. We alsousethe conceptof perceved

quality from [10]. As for the rating of an entire call, we con-

siderboththe-lenient-ratingof [4] atthe endof thecall andthe

worst instantaneouOS during the call. We alsodiffer from

the previous approachesn that we considertalkspurtsand si-

lences.Finally, we studied(but omittedfrom this paperfor lack

of space)the sensitvity of our approachto parametersuchas
thegaplength(g,,..»), thetime constant®of the“receng effect”

anddifferentfunctionsfor calculatinganoverall M OS from an

instantaneous/0S(t).

It is worth mentioningthat somecommercialystemsor on-
line monitoring of VolP quality are currently being developed
alongthe samelines. The authorsare aware of two suchtools:
(i) oneby Telchemy[4] and(ii) anotheby NetlQ,[31].

IV. INTERNET MEASUREMENTS

In this sectionwe describethe measuremengxperimentand
thedelayandlosscharacteristicsf the tracescollected.

A. Description of probe measurements

Our studyis basedon delayandlossmeasurementgrovided
by RouteSciencdnc. Probeswere sentby and collectedat
measurementtacilities in 5 major US cities: SanJosein Cali-
fornia (SJC),Ashkurn in Virginia (ASH), Newark in New Jer
sey (EWR), Thorntonin Colorado(THR) and Andover in Mas-
sachusett¢AND). 43 pathsin total were used,obtainedfrom
seven different providers, which we refer to as {P;}i=! for
anorymity purposes.The measuremensetupis shavn in Fig.
6. E.g. the bidirectionalarrov dravn betweenSJCand AND
meanghatmeasurementwerecollectedfrom SJCto AND and
from AND to SJCusingprovidersP; andPs. All pathsareback-
bonepaths,connectedo the measuremerfiacilities throughei-
therT3 or T1 links. Pathsfor all providersaretwo ways,except
for thoseshowvn in parenthesis.

The probeswere 50 Bytes eachand were sentevery 10 ms
from Tuesday2001/06/2719:22:00 until Friday 2001/06/29
00:50:00UTC. GPSwas usedto synchronizesendersand re-
ceiversandthe network delayswereinferredby subtractinghe
sendeifrom the recever timestamp.The load generatedy the
probeswas insignificantand did not affect the delay and loss
characteristicef the networks.

By taking into accountthe providers’ accessandwidthswe
are ableto computethe transmissiortime andinfer delaysfor
ary voice packet sizefrom the probedelays? The 10mssend-
ing interval is small enoughto simulatethe highestratea VolP
encoder/pacitizermight generategacletsat. By appropriately

4For example,a G.729paclet containingoneframegenerate@very 10ms( 8
Kbpsrate)hasexactly the sizeof a probe: 10B for the payloadand40B for the
IP/UDP/RTP headerA G.711paclet sentevery 10msat 64 Kbps,contains30B
(payload)+ 40B (header)= 120B, which is longerthanthe probeby 70B. The
transmissiorof 70B takes0.012ms and0.038ms over a T3 anda T1 access
link, respectiely. We did subtractthesedifferencesin delays,which are ary-
way negligible comparedo the network delays. The differencein transmission
timesinsidethebackbongbandwidthin theorderof 100Mbps-1Gbps)areeven
shorterandthusignored.
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Fig. 7. Examplepatterngor two differentproviders

omitting someprobeswe cansimulatelower paclet ratesor si-
lenceperiods?®

B. Traces description

We classifythe 43 pathsinto five types,basedon their fixed
(i.e., propagatiorandtransmissionjpndvariable(i.e. queuing)
componentof the delay Table Il shavs an example of each
type. Pathsof type A andB connectASH, EWR and AND on
theeastcoastandhave low propagatiordelays,.e. belov 10ms.
Pathsof type C, D on E on theotherhand,connectitiesacross
theUS. We furtherdistinguish basedn thevariablecomponent
of delay Pathsof type A andC have practicallyno queuing(as
indicatedby the delay percentileswhich are closeto the fixed
component)they turn outto bethebestfor carryingVolP. Paths
of typeB andD havein generalow queuingexceptfor clustered
delay spikes (which last 1-2 seceachand appearevery almost
70sec,seeFig. 7(b)), thatleadto delay percentiles4-5 times
higherthanthefixeddelay in Tablell. Finally, pathsof type E
arecoast-to-coadbadedpaths.The queuingcomponents high
andthe delayvariesslowly in a shorttime scale(seeFig. 7(a)
andhigh delaypercentilesn Tablell), aswell asacrosghe day
(seethesignificantincreaseduring businesshoursin Fig. 8).

We obsene that network losseventsof variousdurationsare

spreadacrossall typesof paths.
« Only 3 out of the 43 pathshadconsistentlyno loss duringthe
2.5daysobsened. Therestof themincurredlossdurationsthat
variedfrom 10msupto 33.72secalthoughtheaveragelossrates
werelow (e.g.<0.2%).

5For example,by omitting 100 consecutie probeswe simulatea silencepe-
riod of 100 - 10ms = 1sec. Also, by omitting every otherprobepaclet, we can
simulatevoice pacletssentevery 20ms.
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Fig.8. Examplepathof typeE (THR-P; -ASH) acrossanentireday(Wednesday
06/27/01).

« 6 outof 7 providersexperiencedutage periods 10-220sedor
1-2timesperday. Fortwo of theseproviders,theseoutagesvere
correlatedvith changesn theminimumdelayevenfor afew ms,
asin Fig. 7(b). We attributetheseeventsto routing changes: the
propagatiordelaychangesndthereis lossfor thetimerequired
by routing protocolsto corverge. For one provider, this event
wasa recurrentphenomenor{3-4 times per day). For the rea-
sonsbehindtherestof the outagesye speculatdink failuresor
maintenancatnighttime.

« 0.5-2sedossdurationswerecorrelatedwith delayspikes.

« Thenumberof out-of-ordermpacketswasnegligible.

An importantobsenationis thatpathsof the sameproviderhave
the sameconsistentdelay variability andloss pattern,whether
they areshortor long distance.This is intuitively expectedasa
backbonds sharedby mary pathsof the provider. For example,
eachproviderexperiencedonglossdurationg5-33secpnmary
pathssimultaneouslyhintingto afailureonabackbondink. All
P; pathsexperiencesingle (10ms)lossesat 0.2% rate. All Py
pathsperiodicallyexhibit clustersof high spikes,Fig. 7(b), and
belongto the categoriesB or D . All pathsof type E belongto
provider P, .

V. NUMERICAL RESULTS

In this sectionwe applythe methodologyof Sectionlll to the
tracesof SectionlV. In doingso,we firstgothroughtheanalysis
of an examplepath. Then, we presentresultsfor all typesof
paths.

A. Example path

Let us first considerthe exampletrace of type E anda call
taking placefrom 14:00until 14:150n 06/27/01. The selected
trace exhibits large delay variationsand a period of sustained
loss. Fig. 9(a) shawvs the network delaysandthe playouttimes
andFig. 9(b) shavsthe correspondingercevedquality. Let us
first considerafixedplayout,e.g. 100ms.Clearly, the largerthe
playoutdelay thelargerthedelayimpairmentl; but thesmaller
thelossandthelossimpairmentl,.. Theoverall M OS isacom-
binationof both I, andI; accordingto equation(1).

Clearly, thereexistsatradeof betweernossanddelay shovn
in Fig. 10, and a value of the playout delay that maxi-
mizes M OS. The optimal fixed m2e delay for the example
call is around200 ms and resultsin MOS = 4. The [25]
adaptve schemeoperatednear the optimal region achieving



TABLE I
TYPICAL PATHS

Type || Num Example path Delay Loss
(in msec) usuallossevents long outages
From | Prov. | To Dist. | min | 50% | 98% | 99% || avgclip | #clips || duration| times
(msec) | perhour (sec) | perday
A 11 EWR | P; | ASH | short| 34 | 36 | 3.7 | 3.72 20 1-5 5-12 1-2
B 2 ASH | P, | EWR | short| 6.8 | 7.2 | 120 | 200 20 2-3 12-25 1
C 16 SIC| P | EWR | long || 32.7| 32.8 | 33.5| 345 0 0 2 1
D 4 SJC| P, | ASH | long || 45.1| 45.4| 170 | 225 10 1-2 15-25 2-3
| E ] 10 [THR| P [ASH [ long [[77.8] 782] 100 210 || 10 [ 2-20 | 1 | 1 ]
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Fig.9. An exampleof 15mincall (14:00-14:15Wed.06/27/01,THR-P;-ASH).
Both fixedandadaptve playoutconsidered(a) Network andplayoutdelays
(b) Resultingl; andI.impairmentsandinstantaneouslperceved M OS.

- avg task, EL=510B, G.711
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- avg task, EL=51dB, G.729
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Fig. 10. Delay-losstradeof for the example call, consideringvarious VolP
parametergaverageor strict (Task1) task, EL = {oo, 51dB, 41dB},
G.7290r G.711).“MOS" refersto theoverall ratingat theendof the 15min
call. Fixed playoutis appliedduringtheentirecall.
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Fig. 11. Timevaryingquality of (50) calls,over anone-houmperiod,onthe path
THR-P;-ASH.

max MOS = 3.6 for anaveragedelayof 122 ms. This perfor
mancewas achieved using a favorable VVolP configuration,i.e.
G.711encodingwhich hasahighintrinsic quality), anadequate
echocancellation EL = 51dB) anda mediuminteractvity re-
quirement.

A similar loss-delaytradeof holdsunderany VoIP configu-
ration. However the optimal delayrangeaswell the maximum
achiezable M OS maydiffer. For example,G.729,which starts
at a lower intrinsic quality, canachieve amaxM0S = 3 and
thuscannotbe carriedat acceptablejuality levelsduringthe 15
minutesconsideredoeriod. Similarly, a strict interactvity re-
quirement(e.g. “Task1”) or anacuteecho(e.g. EL = 41 dB),
would leadto max M OS = 3, whichis unacceptable.

Having discusseanecall in detail,let usnow considemary
callsinitiated at randomtimes, uniformly spreadover an entire
hour, e.g. from 14:00to 15:00. We considerexponentiallydis-
tributedcall durationsasin [26]. 150short(3.5 min mean)and
50long (10 min mean)durationssimulatebusinessandresiden-
tial long distancecalls, respectiely. Fig. 11 shavs the instan-
taneougqquality of someof thesecalls, thatvarieswith time. To
rate eachcall, we useboth the minimum M OS duringthe call
(that a network operatormight wantto eliminate)or the more
lenientrating atthe end(thata humanwould give), asdiscussed
in lengthin Sectionlll-B. Fig. 12 shaws the cumulatie distri-
bution (CDF) of ratingsfor the 200 calls, usingboth measures.
If fixedplayoutis used,Fig. 12(a),thenthe choiceof the fixed
value becomescritical: 150 ms is acceptablgonly 6% of the
callshavefinal ratingbelow 3.6 andonly 8% of themexperience
aperiodof MOS < 3.6) while 100 ms is totally unacceptable
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Fig. 12. CDF of call ratingsin one-hourperiod (Wednesday6/27/01,14:00-
15:00)on a pathof type E (THR-P1-ASH).

(90% of thecallshaveratingattheendbelow 3.6). For theadap-
tive playout,Fig. 12(b), we obsene the following: (i) the CDF
is more“linear” thanfor the fixed schemq(ii) this performance
is acceptabléut still not excellent(10% of the calls have over
all rating MOS < 3.6 and50% of themexperiencea periodof
MOS < 3.5 atleastonce)(iii) tuning of the parametersioes
notleadto significantimprovement.

While in Fig. 12 we plot the entire CDF, in Fig. 13 we con-
sideronly somepercentileqi.e. worstrating, 10%, 50%, 90%,
100%) of call ratingsfor eachhourbin of the entireday. E.g.
thepointsin Fig. 13(a)for Hour = 14 areconsistentvith Fig.
12(a): out of the 200 calls betweenl14:00and 15:00, the worst
ratingwas1.1, 10% of thecallshad M OS < 1.4%, 50% of the
callshad MOS < 3, 90% of thecallshad MOS < 3.75 and
somecallshave perfectrating.

Fig. 13(a)shaws thata fixed playoutat 100 ms is unaccept-
ablewhenthe delayson the patharehigh, i.e. duringthe busi-
nesshours,seeFig.8. A fixedvalueat 150 ms, Fig. 13(b)is a
safechoiceasno morethan1-2% of the network delays(Fig. 8)
exceedit. Thebadratingat 14:00is dueto the network andnot
dueto buffer loss. On the otherhand,the adaptve playout, Fig.
14(c),hadthe sameperformancdor the entiredayincludingthe
businesshours,becauseat wasableto adaptto the network de-
lays. However, it did not performparticularlybetter:10% of the
callsin ary hourhad M OS < 3.5.

B. All paths

We applythe sameprocedurdo therestof theexamplepaths.

We obsene thatpathsof low delayandlow delayvariability,
of bothshort(type A) andlong (type C) distanceachiere anex-
cellentMOS atall timesexceptfor therarecasesvhenlong net-
work dropsoccut A highfixed playoutdelayof 100msis suffi-
cientto yield excellentperformanceFig. 14 shovsthat90% of
the callson the examplepathof type A have 4 < MOS < 4.4.
Thelow ratingsat 4:00 and6:00 aredueto long network drops
of 3 secand6 secrespectiely. We alsoobsene thatthe perfor

(a) Fixed playout at 100ms
i T

i i i
0 5 10 15 20
(b) Fixed playout at 150ms

T T
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Fig. 13. Call quality statisticsfor every hour of an entire day (Wednesday
06/27/01)on a pathof type E (THR-P;-ASH). Playoutused: (a) Fixed at
100ms(b) Fixedat 150ms(c) Adaptive with default parameters.
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Fig. 14. Call quality on a path of type A (EWR-Ps-ASH) on Wednesday
06/27/01.Fixed playoutat 100ms.

mancedegradesvhentheadaptve playouttriesto follow closely
thenetwork delay;thisis unnecessarin this casethatthe delay
doesnotvary significantly Similarfindingshold for the pathsof
typeC, whicharelongdistancepathsbut with delaysignificantly
below 100 — 150 ms andwith low variability.

In contrast,pathsof type B and D exhibit periodically clus-
tersof high spikes,asin Fig. 7(b). Packetsfrom theseclusters
aredroppedatthe playoutbuffer, whetherafixedor thebaseline
adaptve playoutis used. Becausealelayson thesepathsdo not
vary acrossthe day; it makessenseo look at onetypical hour.
If adaptve playout,Fig. 15, is usedwith its default parameters,
20% of the callshave overall M OS < 3.5, which is unaccept-
able. Evenworse,80% of the calls experienceMOS < 3.5
for someperiod. If a strictinteractvity requirements applied,
thentheentireCDF degradedy approximately.8 unit of MOS.
Performanceanimproveif anappropriatelyhigh fixeddelayis
chosenonly 10% of thecallshave overall M OS < 3.5.
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Fig.15. Callqualityfor apathof typeB (SJC-P4-ASH)pnWednesda®6/27/01
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C. Discussion

In this sectionwe discussthe numericalresults,we provide
somerecommendationanddirectionsfor futurework.

C.1 Ontheperformancef the backbonenetworks

Our resultsindicate that some ISP backboneg(i.e. those
thatareover-provisionedandhave low delayvariability, namely
typesA andC) areindeedableto provide high quality VolIP to-
day Thisis truefor both shortandlong distancepaths.In their
casetheonly problemis therareoccurrenceof long periodsof
loss. This makesa casefor identifying VolIP traffic assuch,for
the purposeof treatingit favorablyduringthoserareevents(e.g.
routingchanges).

On the other hand, highly loadedpaths(type E) aswell as
some over-provisioned paths exhibiting frequentdelay spikes
(typesB and D) have poor VolP performance.Underthe best
scenariognamely G.711 encoder good echocancellationand
low interactvity requirementshhesepathsarebarelyableto pro-
vide acceptablé M OS > 3.6) VoIP service far below theguar
anteeof thetelephonenetwork. Performances evenworsefor
stringentapplicationrequirement®r lessfavorablesystemcon-
figurations. For example,strict interactvity requirementgTask
1) decreasdMOS by roughly 0.5-1 units. Inadequateechocan-
cellation(e.g.. EL = 41dB insteadof EL = 51dB) hasasim-
ilar effect. Supportof G.729, which haslower intrinsic quality,
is possibleonly on pathsof typesA andC at acceptableuality
levels.

The poor VoIP performanceon loadedbackbonedtype E)
makes a strong casefor separatingvoice and giving it prior-
ity over othertraffic in thesenetworks, [18]. The poor perfor
manceon pathsperiodically exhibiting spikes (typesB andD)
alsoneedsamoresophisticatethandlingthanover-provisioning.

Our obsenationswere similar for both short (A or B) and
long distancepaths(C, D, E). The reasonfor this, is that most
of thesebackbongyathshave delaynot significantlyhigherthan
150ms.Callsgoingthroughmultiple backbonesr throughwire-
less/accessetworkswould incur evenlargerandmorevariable
delayandevenworseperformance.

A definingfactorfor the perceved performancedurnsout to
be the delay variability on a path. Furthermore we obsened
that eachprovider hasits own “signature”on a trace,i.e. the
sameconsistentlelayandlosspatternslt is very importantthat
thedelaypatternonapathbehandledoy theappropriatglayout

buffer attherecever, asdiscussedn the next section.

C.2 OnthePlayoutBuffer.

Ourintentionwasto considersomerealisticplayoutschemes,
aspartof the end-to-end/olP systemunderevaluation.We first
consideredixed playoutfor a rangeof fixed playoutdelaysand
then a baselineadaptve scheme[25]. The study of the fixed
playoutprovidesabenchmarkor comparison.

Thereexistsatradeof betweerdelayandbuffer loss,Fig. 10,
anda maximumM OS(loss, delay) correspondindo the best
possibleperformanceon the path. An appropriatechoiceof the
fixed playoutbuffer is the onethatleadsto maximumd/ OS. A
goodadaptie schemeshouldalsooperatearoundthatmaximum
MOS.As shovnin Fig. 10,themaximumMOSis moresensitve
to anincreasein lossratherthanto anincreasein delay The
reasorfor thisis thattheunderlyingl, curves,Fig. 4, aresharper
thanthe I; curves,Fig. 3. Thisis why aconserative choiceof a
(high) fixed playoutvaluepreventedpacletlossandled to good
performancen low delay(i.e. < 150 ms) paths.

Theneedfor adaptie playoutcomesvhen(i) thedelayis high
(closeto or above theinteractvity constraintof 100 — 150 ms)
andthereis nomargin for overestimatingt and(ii) whenthede-
lay is unknonvn andtherecever doesnot know how to selectan
appropriatdixedvalue.An adaptve schemedearns predictsand
follows the network delaysascloselyaspossible thuskeeping
bothdelayandlosslow. The adaptve playbackwe considered,
[25], wasusefulon the loadednetwork (type E) that exhibited
high andslowly varying delaysbut failed on pathsof type B/D
andA/C. This badperformancecanbe attributedto (i) thetun-
ing of its parametersandto (ii) the failureto predictthe actual
delays.

As far as the tuning is concernedthe default parameters,
namelythe weights usedfor the calculationof the moving aver
agesandthethresholds usedfor spike detectionwereoptimized
for the specificnetwork tracesconsideredn [25]. A singletun-
ing of theseparametershat works well for all tracesis not an
easy(or not even a feasible)problemto solve® Furthermore,
evenif theseparameterare appropriatelytunedfor a specific
network path,thecharacteristicef thepathmaychangedn time.
Thenthe adaptve algorithmmay needto adaptits own param-
etersto matchnot only the delay patternof a specifictracebut
alsothe changeof this patternin time. We did experimentwith
theseparametersn our tracesandachiezedroughly reasonable
lossratesof 2-4%during an entirecall. However, thelossrates
duringshorterintervalswereoccasionallynuchhigher

Asfarasthedelayestimatiormechanisnof [25] is concerned,
it hasthe following weaknesseskFirst, the TCP-like prediction
(p = d+4v) tendsto over-estimatadelaysbeyondwhatis appro-
priateto presere interactvity. Secondasalsonoticedin [23],
adaptingatthebeginningof talkspurtsails to reactto shortlived
spikeswhile it still unnecessarilyeadsto high delays’ Finally,

SFor example,delayspikesmight bein the orderof 100msfor oneonetrace,
andin the orderof 10msfor another A thresholdfor spike detectionat 10ms,
would malke the 1sttraceoperatdn the SPIKEmodeall thetime, while choosing
it at 100mswould detectno spikesatall in the 2ndtrace.

7G.729BVAD usesa dynamichangwer schemeleadingto shortertalkspurt
andgaplengthsonaveragewhichwould give thespike detectioralgorithmmore
chanceto adaptto spikes. So, using1.5secaveragefor both G.711andG.729
mightnot befair. G.729Bhasnot beenconsideredn this paper



trying to closely follow the delaysafter exiting a spike, often
leadsto underestimationandthusloss at the beginning of the
next talkspurt,whichis particularlydifficult to conceal.

This paperdid not intend neitherto invent new playout al-
gorithmsnor to compareall the existing ones. However, in the
processof evaluatingthe end-to-endvolP system,considering
somepopularadaptve algorithmsandtuning their parameters,
it becameclear that the appropriatechoice of playoutscheme
for eachpathis a definingfactorfor the end-to-endjuality. An
adaptve algorithmhasthe potentialto performat leastaswell
asa fixed one, but this is possibleonly if its mechanismsare
carefullytunedto matchthe network path. This experiencefur-
ther motivatedus to continuethis work [22] towardsdesigning
a playoutbuffer thatwould maximizethe voice perceved qual-
ity M OS(delay, loss) asopposedo delayandlosspercentiles.
Our scheme(i) explicitly accountdor the delayimpairmentby
including it in the objective function (ii) adaptsslowly to the
variationsof delayin time but (iii) conseratively over-estimates
delayto avoid unnecessarhuffer loss,wheneserthisis allowed
by interactvity constraints.

V1. CONCLUSION

In this paper we assesshe ability of Internetbackbonego
supportvoice communication.We considera realistic configu-
rationof theend-to-end/olP system.We compareandcombine
resultsfrom varioussubjectve testingstudiesandwe developa
methodologyfor assessinghe quality of a call in termsof rel-
evant measures.Key assetin our studyis the use of network
measurementsollectedover backbone®f majorISPs.

In general backbonenetworks are over-provisionedandthus
expectednot to be the bottleneckon the path of a flow. Al-
thoughthis might be the casefor datatraffic, this is not always
the casefor VolIP traffic. We obsened poor VolP performance
on a large numberof ISP backbonenetworks underfavorable
end-systentonfigurations.Action for improving today’s VoIP
performanceo reachtoll-quality standardscanbe takeninside
thenetwork andattherecever. Insidethe network, our findings
make a strongcasefor marking andidentifying the voice traf-
fic, in orderto give it preferentialtreatment.At the recever, it
is importantthatthe playoutbuffer schemeshouldbe carefully
choserto matchthe delaypattern.
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